Objective: Hearing instruments with adaptive directional microphone systems attempt to maximize speech-to-noise ratio (SNR) and thereby improve speech recognition in noisy backgrounds. When instruments with adaptive systems are fitted bilaterally, there is the potential for adverse effects as they operate independently and may give confusing cues or disturbing effects. The present study compared speech recognition performance in 16 listeners fitted bilaterally with the Phonak Claro hearing instrument using omni-directional, fixed directional, and adaptive directional microphone settings as well as mixed microphone settings (an omni-directional microphone on one side and an adaptive directional microphone on the other).
Conclusions:
It is concluded that bilateral hearing instruments with adaptive directional microphones confer benefits in terms of speech recognition in noise and sound quality. Independence of the two adaptive control systems does not appear to cause untoward effects. (Ear & Hearing 2005; 26; 669-679) One of the most commonly reported problems among hearing-impaired and aided listeners is increased difficulty understanding speech in background noise (Kochkin, 1993 (Kochkin, , 1994 . It is well known that directional microphones improve speech recognition in most noisy environments compared with omni-directional (Hawkins & Yacullo, 1984; Killion et al., 1998; Leeuw and Dreschler, 1987; Valente et al., 1995) . The relative benefit of directional versus omni-directional microphones varies, depending on study design and test environment. Typically, benefits in terms of improved speech-to-noise ratio (SNR) approach 7 to 8 dB but have been shown to reach 30 dB, using a multimicrophone array in anechoic conditions (Peterson et al., 1987) . In all these instances, the directional characteristics of the hearing instrument are fixed, with each device having a specific directivity pattern. A polar plot is a frequency-specific representation of the microphone sensitivity to sounds from each direction in the horizontal plane. Most devices incorporate a cardioid polar plot or a variation of the cardioid shape to give maximum sensitivity from in front and maximum suppression of sound from behind and/or to the sides. Adaptive directional microphones, where the polar pattern changes depending on the location of the sound sources, are a relatively new advance and have undergone only limited evaluation. Ricketts & Henry (2002) compared SNR for hearing instruments with an adaptive directional microphone setting to fixed and omni-directional settings in moderately reverberant conditions. The single speech source was presented from a loudspeaker at 0 degree azimuth relative to the listener. Between two and five loudspeakers were used to present the noise signal from four different loudspeaker arrangements. Both directional settings gave improved speech recognition performance under all loudspeaker conditions compared with the omni-directional setting. There were some advantages for the adaptive compared with the fixed setting, predominantly when the noise was presented from the sides. This outcome was partially predicted from the theoretical polar plot for the super-cardioid shape of the fixed setting. It indicates that benefit from the adaptive setting occurs for a range of loudspeaker positions rather than being limited to certain positions, as occurred for the fixed setting. No studies have evaluated adaptive directional systems under a wider range of loudspeaker positions, in particular asymmetrical listening conditions, which may be the norm in everyday life.
The Phonak Claro is a fully digital hearing instrument having a directional microphone system that functions adaptively with the aim of maximizing SNR. The directional characteristic of the microphone is governed by a parameter described by the symbol b, which varies between 0 and 1 and is responsible for the shape of the polar pattern. When b ϭ 0, the pattern is cardioid, and when b ϭ 1, the pattern is super-cardioid. The parameter b is varied adaptively by the instrument in a continuous manner to minimize the total output of the instrument. Assuming that speech is at 0 degrees, where the gain is unaffected by b, this will maximize SNR.
Hearing instruments are typically fitted bilaterally. With two adaptive instruments functioning independently on the two ears, there is the potential for the instruments to adapt in an uncoordinated manner and in ways that may not benefit the listener. In asymmetric listening conditions (e.g., two interfering noise sources, one coming from 120 degrees and one coming from 190 degrees), the two hearing instruments could have different directional patterns at any instant. There are no published data to determine whether these effects are disturbing or detrimental to user performance. Even more extreme is the mixed microphone condition in which one instrument has a directional and the other instrument an omni-directional characteristic. This possibility could arise in instruments that automatically switch on the directional microphone (and possibly also noise reduction facilities) when the sound classifier in the instrument indicates speech in noise. In the Claro, this is achieved by using the AutoSelect function. With two independent hearing instruments operating in an asymmetrical sound environment, automatic changes will generally occur at different times on the two instruments. This may be disturbing or irritating to the listener and may also adversely affect auditory performance in terms of speech recognition (in quiet and in noise).
The aim of the present study, therefore, was to gain insight into the benefit of bilateral fittings of hearing instruments with adaptive directional microphones. Emphasis was on asymmetric listening conditions, which are likely to occur frequently in normal life, and mixed microphone instrument settings, which are likely to occur when independent instruments automatically switch between settings. Benefits were evaluated in terms of speech recognition performance and subjective impression. The work was motivated partly by the question whether bilateral instruments require some sort of interconnection so that their adaptive control systems function in a coordinated manner.
METHODS

Participants
Sixteen experienced hearing instrument users with moderate symmetrical sensorineural hearing impairment were recruited. The average age was 75 yrs (range, 65 to 84 yrs), and there were 12 men and 4 women. All participants had at least 1 yr of regular use (considerably longer in many cases) with either bilateral, or in most cases unilateral, linear hearing instruments. Participants underwent a screening procedure comprising pure-tone audiometry, tympanometry, uncomfortable loudness level measurements, and a questionnaire to identify any contraindications to participating in the study. Figure 1 shows average pure-tone thresholds (Ϯ1 SD) for the 16 participants. Subjects were excluded from the study if they presented with asymmetric hearing (difference between 0.5, 1, 2, 4 kHz averages Ͼ20 dB) or conductive hearing loss in either ear (air-bone gap averaged over 0.5, 1, and 2 kHz Ͼ15 dB). Sentence recognition in quiet in either ear for speech delivered by earphone at an amplified level approximating aided conditions was required to be 80% or better. Subjects were excluded if they reported persistent troublesome tinnitus or fluctuating hearing in either ear.
Participants were fitted bilaterally with Phonak Claro behind-the-ear (BTE) instruments, using fitting procedures based on hearing thresholds and extended loudness scaling measurements in accordance with Phonak Fitting Guide 7.2. Earmolds for BTE instruments were produced according to normal clinical procedures, using vents and tubing as recommended by the Phonak Fitting Guide 7.2, typically using standard tubing with a 1-mm or smaller vent. Participants were encouraged to either select the omnidirectional microphone setting or the adaptive directional microphone setting as appropriate, selecting these programs manually either using the push-button switch on each aid or their remote control. All participants returned after 1 wk for fine tuning. Further fine-tuning sessions were arranged where necessary. Participants were then given at
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EAR & HEARING / DECEMBER 2005 least 4 wks for familiarization with the instruments before data collection. During this time, they were encouraged to use the AutoSelect facility, or, where appropriate, activate the required program by using the push-button switch on each aid or using their remote control. All 16 participants completed the trial. The study was approved by the ethical committee covering the hospital from which patients were recruited and by the departmental ethical committee within the university.
Test Conditions
After 4 wks of familiarization with the instruments, participants returned for measurement of aided sentence recognition in noise and communication comfort under a number of noise and instrument conditions. All testing was carried out under anechoic sound field conditions. Eight loudspeakers were positioned on a circle 1.5 m away from the participants. The loudspeaker arrangements are shown in Table 1 . Positive angles are enumerated clockwise from 0 to 360 degrees for the present study, which is contrary to the most common convention in which angles are enumerated positively to the left and negatively to the right.are shown in Table 1 . In all cases, the speech was presented through the loudspeaker at 0 degree azimuth (in front of the test participant). The speech material comprised BKB sentences (Bench et al., 1979) , spoken by a male talker and recorded on CD-ROM as waveform files. The speech level was constant and set so that the pause-corrected rms sound pressure level (i.e., the rms level with the pauses between sentences removed) of the sentences was 65 dB at the position of the center of listener's head (height, 1.2 m). Noise was stationary random (gaussian) noise that had been filtered to have a frequency spectrum that matched the long-term average of the sentence materials. The noise was presented at varying levels according to the adaptive speech recognition test algorithm from one or two of the loudspeakers. A two-up-one-down staircase method was used that converged on the noise level giving 71% correct performance. Scoring required two of three or four key words correctly identified for a correct response to be accepted by the algorithm. The combination of loudspeakers used for noise presentations is listed in Table 1 . Front indicates that the speech and noise were both presented from the same loudspeaker at 0 degree azimuth. Asym-R is named R because the loudspeaker on the R side is further away from the midline; conversely for Asym-L.
In conditions in which two loudspeakers received EAR & HEARING, VOL. 26 NO. 6 671 noise simultaneously, the electrical signals driving the loudspeakers were identical and the quoted noise level is the sound pressure level at the position of the participant's head measured with both loudspeakers driven. The SNR levels (dB) were obtained by subtracting the asymptotic noise levels (dB) obtained by the adaptive speech recognition test, from the fixed speech level. All results presented here are expressed in terms of SNR after taking into account any minor calibration corrections. Participants were tested in each noise condition under five conditions of hearing instrument setting, according to the way the directional characteristics were set. The five hearing instrument conditions are shown in Table 2 . The noise reduction facility of the hearing instrument was switched off during testing.
After familiarization with similar testing and sentence material, participants completed one adaptive run for each loudspeaker arrangement and hearing instrument condition giving a total of 25 adaptive runs per session. They underwent two identical test sessions separated by at least 1 wk, with each session lasting for up to 2 hours including regular breaks. Hearing instrument conditions were randomized, and the order of loudspeaker arrangements within each hearing instrument condition was also balanced using a Latin square design. Throughout testing, subjects were requested to minimize head movements and instructed to face the front speaker. This was monitored by the tester using closed circuit television.
For the purposes of comparison of "normal" performance to the aided listener's performance, 14 young participants with pure tone thresholds Յ 20 dB HL at 0.25, 0.5, 1, 2, 4, and 8 kHz also underwent identical speech testing (unaided) for all the loudspeaker arrangements. These subjects were not agematched positive control subjects, nor were they intended to offer group equivalence to the hearing aid group.
Quality Rating
Communication comfort was assessed by means of quality-rating scales. Participants were asked to rate the quality of a single fixed level recording of running speech and noise in terms of overall comfort of speech and noise, noise loudness, speech loudness, and speech clarity. Participants were asked to place a cross on a line representing each dimension (see Appendix, Fig. 1 ). This was carried out for each of the 25 combinations of hearing instrument conditions and noise arrangements directly after speech discrimination testing. These were repeated at a second identical test session at least 1 wk later. The distance along the line to the participant's cross was measured and converted into a percentage.
RESULTS
Speech Recognition
Paired t-tests compared the first and second runs for each loudspeaker arrangement and hearing instrument condition to determine whether there was any evidence of a learning effect. Of the 25 combinations, there was a significant difference between only three, in which the first run gave a significantly lower SNR than the second run. This indicates minimal learning effects, and for all subsequent analyses, the data from the two runs have been pooled. Table 3 summarizes the mean SNR values obtained from both test sessions for all 16 participants under the various combinations of noise arrangement and hearing instrument setting. Statistical significance among these was assessed from repeated-measures analysis of variance (ANOVA) followed by paired t-tests when the ANOVA indicated significant differences. Bonferroni corrections were applied to account for the increased risk of type I errors Hearing instrument setting
with the t-tests. Results from the 14 normal-hearing participants are also shown for the purposes of comparison.
Plots showing mean SNR (Ϯ2 SEM) for the combinations of loudspeaker arrangement and hearing instrument condition are shown in Figure 2 and Figure 3 . Both figures show the same data, organized in different ways to facilitate examination of the two main contrasts in the study.
Noise From Front
When the speech and noise were both presented from the front loudspeaker (0 degrees), there was no significant difference between any of the hearing instrument setting conditions (Table 3 , first row). The mean directional advantage across hearing instrument configurations amounted to -3.3 dB compared with -7.6 dB for the normal-hearing listeners. This difference is statistically significant (t ϭ 9.7, p Ͻ 0.001).
Noise From Back
When the speech was from the front (0 degrees) and the noise was from the back (180 degrees), results showed a significant advantage for all directional settings compared with the symmetric omnidirectional condition (Omni/Omni). The advantage amounted to 5.8 to 8.0 dB. The Adapt/Adapt condition was significantly better than the two mixed microphone conditions (t ϭ 4.9, p Ͻ 0.001 and t ϭ 4.2, p Ͻ 0.005) but no better than the Fixed/Fixed condition. The two mixed microphone conditions were not significantly different from one another, nor were they different from the Fixed/Fixed condition. Normal-hearing listeners performed significantly better than did the hearing instrument users for the Omni/Omni condition only (t ϭ 11.9, p Ͻ 0.001). For all other hearing instrument conditions, including the mixed microphone conditions, the normal and aided listeners performed similarly. 
Noise from Sides
When the speech was from the front (0 degrees) and the noise was from both sides (90 and 270 degrees), speech recognition was relatively poor compared with other conditions of noise presentation. Speech recognition was significantly worse in the Omni/Omni condition than in any other condition (p Ͻ 0.001 for all comparisons). The Fixed/Fixed condition gave a performance that was significantly better than the Omni/Omni condition (t ϭ 6.6, p Ͻ 0.001) but significantly poorer than both the mixed microphone conditions and Adapt/Adapt (p Ͻ 0.005 for all comparisons). Adapt/Adapt gave the best performance with statistically significant differences compared with all other hearing instrument conditions (p Ͻ 0.005 for all comparisons). There was no significant difference between the two mixed microphone conditions. Normal listeners performed significantly better than the hearing instrument users only for the Omni/Omni and Fixed/Fixed conditions (t ϭ 9.4, p Ͻ 0.001 and t ϭ 5.7, p Ͻ 0.001). Normal-hearing listeners and aided listeners performed similarly for all of the other conditions.
Asymmetrical Noise
When speech was from the front (0 degrees) and noise was presented asymmetrically from both sides (120 ϩ 190 degrees or 170 ϩ 240 degrees), speech recognition was again significantly poorer in the Omni/Omni condition compared with other hearing instrument conditions. The Adapt/Adapt condition gave a significantly better performance than any other, except when compared with Fixed/Fixed, Adapt-L/Omni-R with the Asym-R, or Omni-L/ Adapt-R with the Asym-L, loudspeaker arrangement (p Ͻ 0.005 for all comparisons). Performance in the Fixed/Fixed condition was significantly better than for the two mixed microphone hearing instrument conditions in which the adaptive setting was on the side with the loudspeaker further from the midline (t ϭ 7.3, p Ͻ 0.001 and t ϭ 4.7, p Ͻ 0.001). There was little difference between performance by normal-hearing listeners and hearing instrument users with Adapt/Adapt, for either asymmetric arrangement. However, normal-hearing listeners perform significantly better than hearing instrument users with Fixed/Fixed for the Asym-L loudspeaker arrangement and significantly better for both mixed microphone hearing instrument conditions in both asymmetric loudspeaker arrangements (p Ͻ 0.005 for all comparisons).
Quality Rating
Paired t-tests were conducted on the results for each rating, comparing the first and second test sessions for each combination of loudspeaker arrangement and hearing instrument condition to determine whether there was an order effect. Of the 25 combinations for each of the four quality dimensions, there was a significant difference in only one of the conditions, in which the second session gave a significantly higher score than the first. This indicates minimal order effects and for all subsequent analyses the data from the two sessions have been pooled. Table 4a , Table 4b , Table 4c , and Table 4d summarize the mean percentage values obtained for each category from both test sessions for all 16 participants under the various conditions of noise presentation and hearing instrument setting. Statistical significance among conditions was assessed from repeated-measures ANOVA followed by paired t-tests where the ANOVA indicated significant differences. Bonferroni corrections were applied to significance levels to account for the increased risk of type I errors, recognizing that correcting for a large number of comparisons in this way is generally overconservative. This reservation should be considered when interpreting lack of significance in multiple t-tests.
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Noise from Front
When the speech and noise were both presented from the front loudspeaker (0 degrees), there was no significant difference between the clarity and comfort categories across the five hearing instrument setting conditions. The loudness of the speech category showed significant differences between the Adapt/Adapt and Omni-L/Adapt-R (t ϭ 3.4, p Ͻ 0.005) and between Fixed/Fixed and Omni-L/Adapt-R (t ϭ 3.9, p Ͻ 0.005), with the Adapt/Adapt and the Fixed/Fixed conditions being rated as quieter (closer to the middle descriptor). There were no differences between any of the hearing instrument settings for the loudness of the noise category.
Noise From Back
When speech was from the front (0 degrees) and noise was from the back (180 degrees), there was a significant advantage for the Adapt/Adapt and Fixed/Fixed hearing instrument settings compared with Omni/Omni. Comfort was rated significantly higher for Adapt/Adapt and Fixed/Fixed compared with all other hearing instrument conditions (p Ͻ 0.001 for all comparisons), but they were not different from one another, and there was no difference between the mixed microphone hearing instrument conditions and the Omni/ Omni conditions for comfort. There were no differences between any of the hearing instrument settings for clarity although the comparisons for Adapt/Adapt compared with Omni/Omni and Omni-L/Adapt-R fell just outside the significance level after Bonferroni correction.
Both loudness of noise and loudness of speech were rated as significantly better (closer to the middle rating) for Adapt/Adapt and Fixed/Fixed compared with virtually all other conditions (closer to loud rating) (p Ͻ 0.005 for all comparisons). There was one exception: no difference between Adapt-L/ Omni-R and Fixed/Fixed for loudness of speech. There was little difference between the mixed microphone hearing instrument conditions and the Omni/Omni conditions for loudness of speech or the loudness of noise category, and they were not significantly different from one another. 
Noise From Sides
When the speech was from the front (0 degree) and the noise was from both sides (90 ϩ 270 degrees), Adapt/Adapt was rated as significantly clearer and more comfortable than all other hearing instrument conditions except Fixed/Fixed for clarity and comfort (p Ͻ 0.005 for all comparisons). Comfort was rated significantly higher for Fixed/Fixed compared with Omni/Omni (t ϭ 4.3, p Ͻ 0.005). Loudness of noise and loudness of speech categories were rated as significantly quieter (closer to the middle rating) for Adapt/Adapt when compared with all other hearing instrument conditions (closer to loud rating) (p Ͻ 0.005 for all comparisons), except for Fixed/Fixed and Adapt-L/Omni-R conditions for the loudness of speech category. The mixed microphone and Fixed/Fixed conditions were significantly quieter (closer to the middle rating) for the loudness of noise categories than Omni/Omni (closer to loud rating) (p Ͻ 0.005 for all comparisons) but were not different from one another.
Asymmetrical Noise
Comfort ratings revealed that Adapt/Adapt and Fixed/Fixed were both rated as significantly more comfortable than all other hearing instrument conditions but were not significantly different from one another (p Ͻ 0.001 for all comparisons). The Adapt-L/Omni-R condition was rated as more comfortable than the Omni/Omni condition (t ϭ 5.4, p Ͻ 0.005). Both the Adapt/Adapt and one of the Fixed/Fixed conditions were rated as significantly clearer than Omni/Omni (p Ͻ 0.005 for all comparisons).
Ratings for the loudness of the noise indicated that Adapt/Adapt and Fixed/Fixed were both rated as significantly quieter compared with all other hearing instrument conditions but were not different from each other (p Ͻ 0.005 for all comparisons). One of the four comparisons made for the mixed microphone hearing instrument condition was rated as significantly quieter for the loudness of the noise than the Omni/Omni setting (t ϭ 3.5, p Ͻ 0.005).
The pattern for the loudness of the speech was less obvious, with Adapt/Adapt being rated as softer for two out of the four asymmetric conditions. Both Adapt/Adapt and Fixed/Fixed were rated as softer than the Omni/Omni hearing instrument conditions in the Asym-R loudspeaker arrangement (p Ͻ 0.005 for all comparisons). There was no difference between any of the other comparisons.
DISCUSSION Sentence Recognition in Noise
Speech recognition ability was measured in terms of SNR for criterion performance. Although audibility was not measured directly, all aided participants had amplification well matched to their hearing loss, and speech was presented at fixed normal conversational level. Therefore, it is reasonable to assume that the SNR results reflect resolution of speech against competing noise rather than simply audibility of the speech.
When the speech and noise were both presented from the front loudspeaker (0 degrees), performance was similar for all hearing instrument settings. In this condition, there is no opportunity to exploit directional characteristics and therefore the result is expected. The average SNR across hearing instrument conditions was -3.3 dB. Compared with the results for listeners with normal hearing tested under identical conditions (SNR of -7.6 dB), this indicates a SNR loss of 4.3 dB due to hearing impairment and hearing instrument limitations. Previous (unpublished) studies using the same speech and noise material have shown that monaural hearing instrument users require a 6 to 15 dB higher SNR compared with normalhearing listeners (depending on study). This is in keeping with studies by Killion (1997a Killion ( , 1997b , using similar speech material, which suggest a SNR loss of between 4 and 18 dB, depending on average pure-tone thresholds. Hence, results from this bilateral study compare favorably with results for other instruments from monaural studies. The difference between those studies and the present study is unlikely to be due entirely to the effect of bilateral fitting.
Under all conditions in which the speech and noise arise from different locations, there are significant advantages for the adaptive or fixed hearing instrument conditions and in many cases these compare favorably to the results obtained from normally hearing listeners. When the speech was from the front (0 degrees) and the noise was from the back (180 degrees), normal-hearing listeners performed significantly better than the hearing instrument users only for the Omni/Omni condition.
When noise is from a different direction than the speech, the Adapt/Adapt and Fixed/Fixed hearing instrument settings confer substantial advantage compared with Omni/Omni, with 71% speech recognition occurring at SNRs 7 to 9 dB lower for Adapt/ Adapt and 3 to 8 dB lower for Fixed/Fixed. Using the Adapt/Adapt setting, performance of participantswas comparable to normal-hearing listeners under all loudspeaker arrangements in which the speech and noise were separated.
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When the speech was from the front (0 degrees) and the noise was from both sides (90 and 270 degrees), speech recognition was relatively poor compared with other conditions of noise presentation. In the case of the hearing instrument results, a possible explanation for this may relate to the directional characteristics of the instrument. The directional characteristic is governed by the parameter b described above. The relation between overall output level and b is nonmonotonic for noise from both sides (see polar plot in Appendix 2). Therefore, the algorithm may have difficulty optimizing and may in this situation select a value b ϭ 0, which would give poorer attenuation of noise than otherwise expected. By contrast, if the adaptive setting selected a value of b ϭ 0.8, the noise from the sides would be attenuated substantially (approximately 10 dB on both sides relative to speech from the front). However, this cannot explain the relatively poor unaided performance by normal listeners. For normal listeners, the transfer function relating the sound pressure level at the tympanic membrane to the incident sound level varies with frequency and with azimuth. Therefore, the SNR at the tympanic membrane generally differs from that measured at the reference position used for calibration, at the position occupied by the center of the participant's head. For noise from the sides, the noise may be amplified relative to the speech, giving a poorer SNR at the tympanic membrane than the calibrated value. This effect occurs in principle for all angles but may be particularly important for angles of 90 and 270 degrees.
The Fixed/Fixed setting conferred an advantage in all conditions and was almost equally beneficial compared with Adapt/Adapt, with noise from behind (180 degrees). However, as for other hearing instrument conditions, there was relatively poor performance with noise symmetrically from both sides (90 ϩ 270 degrees), although still conferring a small advantage compared with Omni/Omni. The fixed polar plot corresponds to b ϭ 0, which gives a super-cardioid characteristic that has generally poor attenuation from the sides. This would explain the relatively poor performance when the noise is coming from the sides for this setting. This finding is in keeping with Ricketts and Henry (2002) , who reported similarly poor response from subjects tested using the HINT and CST speech tests in a semi-reverberant environment wearing bilateral Phonak Claro instruments set to the fixed direction microphone setting.
The mixed microphone conditions (Adapt-L/ Omni-R and Omni-L/Adapt-R) conferred an advantage in all conditions and did not appear to confer particular disadvantages from their asymmetrical nature. Surprisingly, these hearing-aid microphone settings had relatively less advantage under asymmetrical loudspeaker arrangements when the Omni setting was on the side with the noise obliquely from behind (170 or 190 degrees), compared with the situation where the Omni setting was on the side with the noise further from the midline (120 or 240 degrees). At first sight, this finding is paradoxical and required further evaluation. This was achieved by referring to the polar plots obtained for the Fixed and Adapt microphone settings. By using the AI-weighted polar plots recorded on a head and torso simulator (KEMAR), it is possible to calculate the relative noise levels reaching each ear under each of the asymmetric loudspeaker conditions. This allows determination of the ear receiving the most favorable SNR under each condition and therefore the ear that is primarily responsible for the speech recognition. [The AI-weightings used correspond to ANSI S3.5 (1997) for nonsense syllables, albeit recalculated for a different set of frequencies: 500 Hz, 0.086; 1000 Hz, 0.191; 1600 Hz, 0.180; 2000 Hz, 0.131; 2500 Hz, 0.133; 3150 Hz, 0.129; 4000 Hz, 0.100; 5000 Hz, 0.036; 6300 Hz, 0.013] .
The cells in Table 5 give the relative noise levels at the left and right ears. If a model is applied in which only the ear receiving the most favorable SNR is considered, it can be expected that the detection of speech takes place in both conditions (Asym-L and Asym-R) on the right ear. The SNR in the Asym-L condition is higher (lower noise level) than in the Asym-R condition. This corresponds to the measured SNR values (lower SNR in the Asym-L condition in combination with the Omni-L/Adapt-R setting than in the Asym-R condition). The difference between conditions is 4.6 dB, which compares with a difference in measured speech test SNR of approximately 2 dB calculated from Table 3 . These calculations of relative noise levels may explain the (at first sight unexpected) results.
Differences Among Loudspeaker Arrangements
Looking at Table 3 , it is clear that there are differences in SNR for criterion speech recognition performance according to loudspeaker arrangement for a given hearing instrument setting and for the normalhearing listeners. These differences should be explicable in terms of the physical SNR occurring at the tympanic membrane. To explore this interpretation, measurements were made using a head and torso simulator (KEMAR) to represent the normal-hearing listeners. In addition, aided KEMAR measurements were made with a Claro instrument, set up for the average hearing loss of the group of impaired listeners, under Omni, Fixed, and Adapt settings. Use was also made of AI-weighted polar response plots for the different hearing instrument configurations (Appendix, Fig. 2 ).
For normal-hearing listeners and hearing-impaired listeners aided with the Omni/Omni settings, speech recognition results correspond well to measured SNR. For other hearing instrument conditions, this relation breaks down, and the speech recognition results are poorly predicted. There may be a number of possible explanations for this discrepancy. The predicted results based on values obtained from AI-weighted polar plots mostly appear to correspond well with the values measured on KEMAR. Hence, the discrepancies cannot be explained by unrepresentativeness of the polar plots. There may be issues relating to inexact location of the head of the listener in relation to the loudspeakers, which could have a material effect on the measured scores. Attempts were made to position the participant accurately and to minimize head movements by instructing the patient to face the front loudspeaker. Monitoring their movements using closed circuit television reinforced this, but small movements inevitably occurred. Head movement could potentially affect all conditions, but movements make it particularly difficult to predict the b value for the adaptive conditions. It may be an oversimplification to adopt the prediction model whereby only the ear with the better SNR is considered to determine speech recognition. With real speech signals, it may be difficult to predict the performance of the adaptive algorithm accurately. The performance of the Claro instrument in the adaptive setting was measured on KEMAR using a stationary noise signal. Different adaptive behavior might have occurred if a fluctuating signal such as speech had also been present. Furthermore, the presence of both speech and noise would have influenced the amount of compression in the instrument slightly. Taken together, these factors suggest that the measurement of SNR using KEMAR may be too simplistic. Further study is required to elucidate the factors that explain speech recognition performance with such complex hearing instruments.
Quality Rating
The pattern of responses seen in the speech recognition tests is broadly reflected in the quality rating results. When the speech and noise are presented from the front, there is no opportunity to exploit directional characteristics, and this is reflected in the minimal differences in scores for clarity and comfort between hearing instrument conditions for this arrangement.
In other loudspeaker arrangements, the Adapt/Adapt and Fixed/Fixed hearing instrument conditions generally gave more favorable ratings than the other conditions, in keeping with the findings for speech recognition. When speech was from the front (0 degrees) and noise was from both sides (90 ϩ270 degrees), the Fixed/Fixed condition gave relatively poor ratings. This is again in keeping with speech recognition. The differences between the asymmetric conditions seen in the speech recognition results are more subtle and are not reflected in the rating scales.
Test Environment
All testing was carried out under anechoic conditions. This allows accurate control and calibration of stimuli but does not represent the level of reverberation encountered in real-world situations. Less reverberant conditions have been shown to result in better scores on speech recognition in noise tasks with directional microphones (Hawkins & Yacullo, 1984; Madison & Hawkins, 1983) and are likely to give more favorable scores on quality rating tasks than would be obtained in reverberant conditions. This is supported by Ricketts & Henry (2002) , who reported a directional benefit of 2.9 dB for subjects wearing bilateral Phonak Claro instruments in the adaptive directional setting using the HINT test with diffuse noise from five loudspeakers in a moderately reverberant room.
CONCLUSIONS
Under anechoic conditions and using stationary noise sources in which speech is presented from in front and noise is presented from various other directions, bilateral adaptive and fixed directional microphone systems confer advantages for speech recognition in noise. Expressed in terms of effective SNR for criterion performance, the advantage reaches as high as 8 dB on average for the implementation used in the present study. The greatest advantage appears to occur with adaptive systems, particularly when set to operate on both instruments. For situations in which the directional characteristics of the instrument can be exploited, aided listeners with directional instruments may perform as well as unaided normal-hearing listeners. In this way, the gain in SNR achieved by the directional system may compensate fully for the effective loss of SNR due to a moderate sensorineural hearing loss.
Fixed directional systems also work well under some but not all conditions. However, because the fixed systems do not appear to have any advantage over adaptive systems (as implemented in the present study), adaptive systems should be used in preference. With conventional bilateral fitting of In addition to benefits for speech recognition in noise, increased SNR from directional microphone systems leads to improvements in sound quality, evident as greater perceived clarity, greater comfort, and reduced noisiness.
APPENDIX
Remember to rate each condition INDEPEN-DENTLY, do not compare to other conditions. 
